Abstract-This paper proposes an approach that integrates technical concerns with user perceptual considerations for intelligent decision making in the construction of tailor-made multimedia communication protocols. Thus, the proposed approach, based on multicriteria decision making (MDM), incorporates not only classical networking considerations, but, indeed, user preferences as well. Furthermore, in keeping with the task-dependent nature consistently identified in multimedia scenarios, the suggested communication protocols also take into account the type of multimedia application that they are transporting. Lastly, this approach also opens the possibility for such protocols to dynamically adapt based on a changing operating environment and user's preferences.
I. INTRODUCTION
M ATCHING user-level requirements with parameters characterizing underlying network performance is a problem rarely studied in multimedia communications, for it attempts to bridge the gap existing between user perceptions of multimedia quality, on the one hand, and the quality of service (QoS) with which multimedia is transmitted over the network, on the other.
The concept of QoS in distributed multimedia systems is indelibly associated with the provision of an acceptable level of application performance. In turn, this performance is itself dependent on both the perceived subjective quality of the application as well as its robustness to network congestion.
The focus of this research has been the enhancement of the traditional view of QoS with a user-level-defined quality of perception (QoP). This is a measure that encompasses not only a user's satisfaction with multimedia clips, but also his/her ability to perceive, synthesize, and analyze the informational content of such presentations. As such, the interaction between QoP and QoS and its implications from both a user perspective [1] as well as a networking angle [2] closely linked to both the user perspective of the experience as well as to the service provided by the underlying network, it is rarely studied from an integrated viewpoint. Clearly, this is a very unsatisfactory state of affairs. In this paper, this situation is tried and rectified by proposing a scheme for QoP management based on an integrated architecture that takes into account both user-centric QoP and low-level QoS parameters. Such a scheme would then, by appropriate management of these QoS parameters, provide the potential of ensuring an optimum QoP in a distributed multimedia setting.
In the next section, the reasons behind the current segregated approach and some attempts that have been made to redress this imbalance shall be investigated more closely. Section III summarizes empirical results in the measurement of human QoP given a multimedia presentation. Section IV describes the framework that shall be used as a test bed for the new approach and shows how multicriteria decision making (MDM) can be used to obtain a QoP-oriented ordering of QoS parameters, while Section V provides application examples of this approach. Lastly, conclusions are drawn in Section VI.
II. BACKGROUND AND MOTIVATION
The networking foundation on which current distributed multimedia applications are built either do not specify QoS parameters (also known as best effort service) or specify them in terms of traffic engineering parameters such as delay, jitter, and loss or error rates. However, these parameters do not convey application-specific needs such as the influence of clip content and informational load on the user multimedia experience. As a result, the underlying network does not consider the sensitivity of the application performance to bandwidth allocation. There is thus an architectural gap between the provision of networklevel QoS and application-level QoP requirements of the distributed multimedia applications. This gap causes distributed multimedia systems to inefficiently use network resources and results in poor end-to-end performance that, in turn, has a direct negative impact on the user experience of multimedia.
Previous work in the area of subjective quality assessment of multimedia applications has concentrated on the entertainment side of multimedia. Accordingly, work has been done to appraise the enjoyment of multimedia presentations shown at differing frame rates [3] , while [4] examined the effect that random media losses have on user-perceived quality. The bounds within which lip synchronization can fluctuate without undue annoyance on the viewer's part have also been studied [5] , as has the establishment of metrics for subjective assessment of teleconferencing applications [6] .
The inherent difficulty of trying to link subjective sentiments about the quality of the presentation with the facts and figures of network parameters is reflected in the relative scarcity of work trying to bridge the application-network gap. In essence, three approaches can be identified. The first approach tries to bridge the application-network gap implicitly. By this, it is understood that there is no explicit mapping between application-level user requirements and the QoS provided by the network. What happens, instead, is that the user specifies, usually through a graphical user interface, his/her desired presentation quality [7] , [8] . This is typically provided through the means of sliders or radio buttons via which the user would specify, for example, the desired playback frame rate, spatial resolution, as well as the acceptable synchronization delay between the audio and video streams.
In the second approach, an explicit mapping, linking application-level user requirements to network QoS, is actually given. Such a mapping can either be defined on a per layer basis, such as a network to transport to session to applicationlayer mapping, or directly between application and networklevel parameters [9] .
The last approach is, in essence, a more restrictive version of the first. What happens here is that the user is played shortduration probes of differing deliverable qualities of the multimedia material in question and (s)he then specifies which of the given sample qualities is acceptable [9] . Apart from the obvious goal of polling user-preferred multimedia quality, the probebased approach is advantageous from the point of view that it tests current network conditions. Thus, any choice that the user might make in as far as desired multimedia quality goes is guaranteed to be delivered-at least in the initial stages-by the network.
In this paper, the problem of bridging the applicationnetwork gap from a multiattribute decision-making perspective is addressed. The present approach was used to integrate results from the authors' work on user-level QoP with the more technical characterization of QoS. The ultimate aim is to provide a communications architecture that uses an adaptable communications protocol geared towards human requirements in the delivery of distributed multimedia.
III. USER-PERCEIVED QUALITY OF SERVICE
This approach of evaluating user-perceived QoS (QoP) has been mainly empirical, as is dictated by the fact that its primary focus is on the human side of multimedia computing. What has been done is that users from diverse backgrounds (test subjects involved academics, students, secretaries, businessmen) and ages (12-58 years old) were presented with a set of four short (30-45-s duration) multimedia clips, snapshots of which are shown in Fig. 1 . These were chosen to be varied, ranging from a relatively static weather forecast clip to a highly dynamic action movie sequence. All of them depicted excerpts from realworld programs and thus represent informational sources that an average user might encounter in everyday life. Each clip was shown with the same set of QoS parameters, unknown to the user. After each clip, the user was asked a series of questions (ranging from 10 to 12) based on what had just been seen, and the experimenter duly noted the answers. Lastly, the user was asked to rate the quality of the clip that had just been seen on a scale of 1-6 (with scores of 1 and 6 representing the worst and best perceived qualities possible, respectively).
Because of the relative importance of the audio stream in a multimedia presentation as well as the fact that it takes up an extremely low amount of bandwidth compared to the video, it was decided to transmit audio at full quality during the experiments. Parameters were, however, varied in the case of the video stream. These include both spatial parameters (such as color depth) and temporal parameters (frame rate). Accordingly, two different color depths were considered (8 and 24 bits), together with three different frame rates [5, 15 , and 25 frames per second (fps)]. Twelve users have been tested for each (frame_rate, color_depth) pair. In summary, the results (see [1] for a more detailed coverage) obtained in the QoP experiments show that: 1) A significant loss of frames (that is, reducing the frame rate) does not proportionally reduce the user's understanding and perception of the presentation. In fact, in some instances, (s)he seemed to assimilate more information, thereby resulting in more correct answers to questions. This is because the user has more time to view a frame before the frame changes (at 25 fps, a frame is visible for only 0.04 s, whereas at 5 fps, a frame is visible for 0.2 s), hence absorbing more information. This observation has implications on resource allocation. 2) User assimilation of the informational content of clips is characterized by the wyswyg (what you see is not what you get) relation. What this means is that, often, users, while still absorbing information correctly, do not notice obvious cues in the clip, a phenomenon known as "inattentional blindness" [10] . Instead, the reasoning process by which they arrive at their conclusions is based a lot on intuition and past experience.
3) Users have difficulty in absorbing audio, visual, and textual information concurrently. Moreover, if the user perceives problems with the presentation (such as lip synchronization) users will disregard them and focus on the audio message if that is considered to be contextually important. This implies that critical and important messages in a multimedia presentation should be delivered in only one type of medium, or, if delivered concurrently, should be done so with maximal possible quality. 4) Highly dynamic scenes, although expensive in resources, have a negative impact on user understanding and information assimilation. Questions in this category obtained the least number of correct answers. However, the entertainment value of such presentations seems to be consistent, irrespective of the frame rate at which they are shown. The link between entertainment and content understanding is therefore not direct, and this is further confirmed by the second observation above. All these results indicate that technical-oriented QoS must also be specified in terms of perception, understanding, and absorption of content-QoP in short-if multimedia presentations are to be truly effective.
Therefore, in linking perceptual considerations with lowlevel technical parameters, the design process should take into account the subjective judgement of the end-user. However, the end-user may not clearly specify a desired parameter value and may prefer the use of linguistic phrases to either describe their priorities, e.g., "Audio is equally important as Text," "Video is slightly more important than Audio," or to answer more vague questions, such as "How important is guaranteed audio for this clip?" Moreover, in the case of a technically aware user, more complicated questions like "How much more preferable is a flow control protocol when compared to a checksum algorithm with respect to obtaining a satisfactory audio quality?" and "How important is a specific acknowledgement scheme for user perception of video?" can also be asked. This approach does result in inherent imprecision, though. Although information about questions like the previous ones is vital in making correct design decisions, it is very difficult, if not impossible, to quantify them correctly, i.e., the main problem is how to quantify the linguistic choices made by the user. In the next section, a method that, from combined user-, application-and networklevel requirements, ultimately results in a communication protocol configuration, specifically tailored for the respective user needs, will be described.
IV. USER-CENTERED DESIGN WITH
MULTICRITERIA CONSTRAINTS Distributed guaranteed services need to incorporate capabilities for responding to QoP and QoS changes originating from the user/applications or the system/network. To achieve these changes, the networked multimedia system will require fast renegotiation protocols and adaptive mechanisms. The renegotiation protocols will rely on dependable and simple monitoring and recognition algorithms to detect requests for QoS changes or system degradations. The envisioned adaptive mechanisms should include update mechanisms for resource allocation in response to detection of system degradation [11] . To this end, a framework that allows for not only runtime construction of tailored multimedia communication protocols, but also, through the incorporation of MDM, for the inclusion of user requirements in such protocols, is presented.
A. Framework for QoP Adaptation
The dynamically reconfigurable stacks project (DRoPS) provides an infrastructure for the implementation and operation of multiple adaptable protocols [12] . The core architecture is embedded within the Linux operating system, is accessible through standard interfaces, such as sockets and the UNIX ioctl (I/O control) system calls, has direct access to network devices and benefits from a protected multiprogramming environment. The architecture allows additional QoS maintenance techniques, such as flow shaping (to smooth out bursts in traffic), at the user or interface level, and transmission queue scheduling, at the device queue level.
DRoPS-based communication protocols are composed of fundamental mechanisms, called microprotocols, which perform arbitrary protocol processing operations. The complexity of processing performed by a microprotocol is not defined by DRoPS and may range from a simple protocol function, such as a checksum, to a complex layer of a protocol stack, such as TCP. In addition, protocol mechanisms encapsulated within a microprotocol may be implemented in hardware or software. If appropriate hardware is available, the microprotocol merely acts as a wrapper, calling the relevant hardware function. Microprotocols are encapsulated in loadable modules, allowing code to be dynamically loaded into a running operating system and executed without the need to recompile a new kernel. Each such microprotocol can be implemented via a number of adaptable functions, as detailed in Table I . In particular, microprotocols may also represent the absence of a particular function, such as the one representing no sequence control, as shown in Table I .
While a protocol defines the structure and resources available for constructing a communication system, a protocol stack defines a unique instantiation assigned to a particular connection. In terms of microprotocols, a protocol stack is an ordered set combined to form a functional communication system. Each connection is assigned a protocol stack for its sole use, the configuration of which may vary according to the characteristics of the particular connection. Using this model, individual flows within individual sessions may be uniquely configured to provide an appropriate service. Thus, a connection between video client and server applications may use a semantically strong protocol for commands and a relatively weak one for bulk transfer of relatively loss tolerant graphical data. The overhead of adaptation has been measured at 2.8 µs, is justified by the overall improvement in performance that adaptation yields, and is well within real-time constraints.
The DRoPS framework does not place restrictions on the implementation of particular protocol functionalities. For instance, an acknowledgement protocol can be implemented either as an idle repeat request (IRQ) or a per message acknowledgement scheme (PM-ARQ). However, the decision behind implementation choices of particular protocols is not straightforward, for it has to deal with inherent imprecision either at the network or user levels. A mechanism is needed to handle such situations, and the analytic hierarchy process (AHP), described in Section IV-B, is particularly suited in this respect.
B. Analytic Hierarchy Process Formalism
Intelligent decision making in the construction of communication protocols is achieved by adopting the AHP formalism, which is one of the most popular methods of the MDM.
The AHP formalism, originally proposed in [14] , has been successfully applied in solving real-world decision-making problems involving generation of a set of alternatives, setting priorities, choosing the best policy after finding a set of alternatives, allocating resources, determining requirements, predicting outcomes, designing systems, and resolving conflicts. The capability to handle subjective criteria and inconsistencies in the decision-making process and the conceptual simplicity of that method are the major reasons of its popularity.
The present approach based on the AHP formalism may be better appreciated through the following quotation [13] : "The theory [of the AHP] reflects what appears to be an innate method of operation of the human mind. When presented with a multitude of elements, controllable or not, which comprise a complex situation, it aggregates them into groups, according to whether they share certain properties. [. . .] These elements may, in turn, be grouped according to another set of properties, generating the elements of yet another 'higher,' level, until we reach a single 'top' element which can often be identified as the goal of out decision-making process."
What was just described in this Saaty's quotation is commonly called a hierarchy, i.e., a set of elements or factors arranged in levels. A key question now arises: What is the amount of influence of each factor belonging to the lowest level of the hierarchy on the top factor or overall goal? Answering this question leads to identifying various levels of intensity, as influence is not uniformly distributed over the various factors, which are usually called priorities.
From a more technical point of view, the AHP is implemented through three steps [13] , [15] , [17] . The first step is structuring of the hierarchy, which as mentioned earlier corresponds to determining the relative factors, i.e., criteria and alternatives (see Fig. 2 ). To this end, the first level of the hierarchy is used to denote the overall objectives or goals of the decision problem. The second level is occupied by criteria for assessing the accomplishment of the objectives, while the third level contains available actions or alternatives.
The second step in AHP is pairing of comparisons to yield preference weights or priorities. The main task of this stage is to determine numerical measures to the relative importance of the criteria and to the relative performance of the alternatives on these criteria. It consists of the following two subprocedures.
1) Determine the relative importance of the criteria.
2) Determine the relative standing of each alternative with respect to each criterion. The final stage of the AHP is synthesis of preference weights to yield composite priorities for alternatives.
In the following, the use of this formalism within the DRoPS framework is described.
C. Multicriteria Decision Making for QoP Managements
According to the experimental QoP results discussed in Section III, multimedia QoP varies with the number of media flows, the type of medium, the type of application, and the relative importance of each medium in the context of the application. Thus, within the QoP framework, each multimedia application can be characterized by the relative importance of the video (V ), audio (A), and textual (T ) components as conveyors of information, as well as the dynamism (D) of the presentation. On the other hand, consistent with the DRoPS framework, five network level QoS parameters have been considered in this model: bit-error-rate (BER), segment loss (SL), segment order (SO), delay (DEL) and jitter (JIT). Together with the V , A, T , and D parameters, these constitute, in Saaty's terminology, the criteria on the basis of which an appropriate tailored communication protocol is constructed. In DRoPS, as shown in Table I , the functionality of this protocol is realized through a number of nine microprotocols, spanning four broad functionality classes [2] .
By applying Saaty's methodology, a total of ten matrices is obtained. Nine of these matrices give the relative importance of the various microprotocols (alternatives, in Saaty's vocabulary) with respect to the criteria identified in the present model, while the last of these matrices details pairwise comparisons between the criteria themselves.
Psychological experiments have shown that individuals cannot simultaneously store in their working memory more than seven objects (± 2) [18] . Thus, usually, pairwise comparisons are quantified by using a scale of nine grades, which describe the relative importance of the criteria [13] . If a ij is an element on this nine-point scale, i.e., a ij ∈ {1, 2, 3, . . . , 8, 9}, then a ij = 1/a ji also holds [13] 
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An example of one of the former types of matrices, i.e., of the different alternatives with respect to one of the criteria (bit error rate in this case) is given in (1). Each entry a ij of the matrix A BER represents a designer-defined numerical judgement giving the relative suitability of various alternatives to fulfil a specified criterion.
For example, in (1), the judgement "microprotocol 1 is equally important as microprotocol 2 with respect to BER" corresponds to a weighting of a ij = 1, while the judgement "microprotocol 9 is absolutely more important than microprotocol 1" would correspond to a value of a ij = 9. Intermediate terms can also be assigned when compromise is needed between two adjacent characterizations. Note that in (1), the considered microprotocols are, in order: {no sequence control, strong sequence control, no flow control, window-based flow control, IRQ, PM-ARQ, no checksum algorithm, block checking, full cyclic redundancy check (CRC)}. For example, as far as bit error rate is concerned [see (1) ], the only microprotocols that have an impact upon it are the checksum algorithms. The strongest of these methods, the full CRC, has the highest weight (a value of a ij = 9) in comparison with all the others, while a relatively weak block checking algorithm is considered to be moderately more important (a 8j = 3, j = 1, 2, . . . , 7) than microprotocols from other functionality classes.
While all the previous nine matrices considered have a constant form, the matrix of each criterion with respect to all the other criteria named C, shown below, is the only one whose values may fluctuate as a result of changes in the operating environment, as well as a consequence of changes in user preferences and perceptions. Relation (2) provides an instance of this matrix used in the present model; the respective criteria are, in order, BER, SO, SL, DEL, JIT, V , A, T , and 
An average user, though, would have difficulty in a priori judgement of varying technical parameters such as delay, jitter, error, and loss rates on highly subjective attributes such as perception, understanding, and satisfaction. While this is true for QoS attributes at the level of the transport service, users are better able to quantify their requirements in terms of more abstract characteristics like the prioritization of core multimedia components such as V , A, and T . The matrix in (2) reflects this situation and could conceptually be split into four submatrices, which are: 1) A 5 × 5 matrix, in the upper left part of matrix C [see (2)], giving the relative importance of the BER, SO, SL, DEL, and JIT criteria with respect to one another. This matrix changes dynamically during the course of the transmission of a multimedia clip. For example, an intelligent controller may, as a result perhaps of a delayintolerant audio application being subjected to a period of high network delays, change the numerical judgements of the submatrix to reflect a more radical bias in favor of the delay component. 2) A 4 × 4 matrix, in the lower right part of the matrix given by (2) . Here, user input can reflect personal choices of the relative importance of the video, audio, and textual components in the context of the application, as well as a relative characterization of the dynamism of the multimedia clip. While these values can be changed dynamically depending on the visualized scene, a priori values in this case could reflect the result of user consultations. This indeed is the case with the present QoP experiment [1] , where a broad base of people were polled about their opinions for the range of clips presented in Fig. 1 . Thus, users characterized the action movie clip as being highly dynamic, i.e., dynamism is high, with a similar importance being attached to the video component, while the audio was considered to convey a medium informational load, in contrast to the text component that was judged to have a low informational weight. 3) A 5 × 4 and a 4 × 5 matrix that reflect the designer choices of the relative importance of the five QoS parameters considered on V , A, T , and D. The elements of these matrices reflect the results of a previous work on QoP and define the balance between the relative importance of QoP and QoS parameters [1] .
Following the AHP, the priority weights w i , i = 1, . . . , 9 denoting the relative importance of each criterion i among the p = 9 criteria (a higher priority setting corresponds to a greater importance) can be evaluated using different weight determination procedures, such as the eigenvalue method [19] , the logarithmic least squares method [19] , the goal programming method [20] , or the fuzzy programming methods (FPMs) [21] . Pairs among alternatives are also compared with respect to the ith criterion and then a weight w j,i , which denotes how preferable the alternative j is with respect to the criterion i, is derived. As discussed previously, there is a total of p(p − 1)/2 pairwise comparisons in the matrix and weights can be calculated using any one of the methods [19] - [21] . At this point, it is important to note that the quality of the weighted priorities is highly affected by the consistency of the judgements of the decision maker. When QoP and QoS judgements are perfectly consistent, then all the elements a ij have perfect values, and the consistent priorities are unique.
However, in the present case, the evaluations a ij are frequently not perfect, as they are just estimations based on the best available data. Furthermore, as a result of the dynamic nature of the present problem, there are cases when the technical information and the perceptual information introduce inconsistencies in the judgment matrices. Thus, a weight determination technique suitable to handle inconsistencies is indispensable, as will be explained in Section IV-D.
Finally, the weighted sum model [19] is used to find the preference of an alternative j with respect to all criteria simultaneously; preference is defined by P j and denotes the overall priority, or weight, of action j
Obviously, in the maximization case, the best alternative is the one that possesses the highest priority value among all others.
D. Multicriteria Decision Making and the Fuzzy Programming Method
The dynamic nature of the present problem requires the use of a weight determination technique able to handle inconsistencies. Therefore, the FPM, which is a method capable to solve even highly inconsistent matrices, was used [21] , [22] .
FPM is based on a geometrical representation of the prioritization process as an intersection of hyperlines and determines the values of the priorities, corresponding to the common intersection point of all hyperlines. In case of inconsistent matrices, the hyperlines have no common intersection point; i.e., the intersection set is empty. Thus, FPM represents the hyperlines as fuzzy lines and finds the solution of the approximate priority assessment problem, as an intersection point of these fuzzy lines, i.e., it finds a fuzzy intersection region that contains many points with different degrees of membership in this region and determines the values of the priorities, corresponding to the point with the highest measure of intersection. In [22] , it is shown that FPM is able to produce better results than other methods when the degree of inconsistency is high.
Usage of the FPM enables judgements to be expressed either as crisp, intervals, or fuzzy numbers. Each reciprocal pairwise comparison matrix A = [a ij ] ∈ p×p can be represented as a system of m = p(p − 1) linear equalities
where n is the number of elements compared, w is the vector of priority weights, and R ∈ m×p . For the inconsistent cases, the FPM finds a solution that approximately satisfies (4), i.e., Rw ≈ 0.
One of the most important advantages of the FPM is that the prioritization problem is reduced to a fuzzy programming problem that can be easily formulated and solved as a standard linear programming problem
where λ is the degree of satisfaction of the constraints R and the values of the tolerance parameters d k represent the admissible interval of approximate satisfaction of the crisp inequalities R k w < 0. For the practical implementation of the FPM, it is reasonable for all these parameters d k to be set equal [22] . The optimal solution to (5) is a vector (w * , λ * ), whose first component maximizes the degree of membership of the fuzzy feasible area set and whose second component gives the value of the maximum degree of satisfaction. The method is explained in details in [21] .
After deriving the underlying weights from the comparison matrices through the FPM technique, the priority weights w i and the relative scores w j,i are synthesized following the weight-sum model [19] . The overall priority value P j of the jth alternative A j ( j = 1, . . . , k) is expressed as in (3). Obviously, the alternative with the maximum overall value P j will be chosen.
V. ARCHITECTURE FOR QOP MANAGEMENT
For the construction of adaptable tailor-made protocols, we have integrated the DRoPS framework with AHP formalism into an architecture that combines QoS and QoP considerations and is able to intelligently manage user QoP, bearing in mind the dynamically fluctuating QoS. The diagram of this architecture is given in Fig. 3 and shows how both monitored QoS and user choices impact on the construction of the judgement matrix, which serves as the basis for the AHP to suggest a suitable protocol stack configuration under DroPS, ensuring that user QoP is maintained at an optimum level [23] , [24] . This is in contrast to traditional legacy protocols stack such as TCP/IP and UDP, which make no allowance for user-related considerations in their functionality.
In its existing form, the present architecture uses the FPM described above to solve a nine-criteria and nine-alternative communication protocol construction problem. In the present approach, the end-user interacts in the evaluation of the criteria judgement matrix. In particular, the judgement matrix consists of three parts: one that deals exclusively with QoP issues; one that deals solely with QoS judgements; and one that reflects the balance between QoP and QoS considerations (Fig. 3) . As mentioned above, within the QoP framework, each multimedia application can be characterized by the relative importance of the V , A, T , and its D. At this point, it should be mentioned that the QoP part of the judgement matrix is the only part evaluated by the end-user according to his preference regarding his/her priorities attached to the four components considered 
VI. EXPERIMENTS AND RESULTS
In this section, experiments illustrating the ability of the present approach to select appropriate microprotocols and construct a suitably tailored protocol stack depending on the prevailing operating network environment are presented.
In the experiments, the following nine microprotocols, as given in Table I , namely no sequence control (micro1), strong sequence control (micro2), no flow control (micro3), window-based flow control (micro4), IRQ (micro5), PM-ARQ (micro6), no checksum algorithm (micro7), block checking (micro8), and full CRC (micro9) were pairwise compared with respect to one criterion each time to create the nine alternative judgement matrices. The pairwise relations are coded using the following conventions: 1→"equally important" (EQI); 2→"slightly more important" (SMI); 1/2→"slightly less important" (SLI); 3→"weakly more important" (WMI); 1/3→"weakly less important" (WLI); 4→"moderately more important" (MMI); 1/4→"moderately less important" (MLI); 5→"strongly more important" (SMI); 1/5→"strongly less important"; 6→"essentially important" (EI); 1/6→"essentially less important" (ELI); 7→"demonstrably important" (DI); 1/7→"demonstrably less important" (DLI); 8→"highly important" (HI); 1/8→"highly less important" (HLI); 9→"absolutely important" (AI); 1/9→"absolutely less important" (ALI).
For instance, in Table II , the microprotocols are compared with respect to audio (A). As it can be observed from this table, microprotocols 1, 3, and 7 are of the same importance and are also the most important protocols with respect to the audio criterion. All the nine alternative matrices were evaluated and solved by applying the FPM (5).
The relative scores w j,i thus obtained are presented in Table III , where, for example, one can notice that the first four microprotocols considered have an equal importance with respect to managing SL. However, the most important microprotocol for segment loss is microprotocol 6, which has the highest relative score. The formulation of all of the ten matrices that have been used in the present approach has been based on the results of the experiments with users described in Section III, and involved 15 users replying to questionnaires in order to elicit their judgements and subjective priorities. Here, users had to directly specify media priorities [resulting in the lower right submatrix of (2)], while the technical judgements resulted out of discussions with a group of four experts. This process is undertaken only once, with users subsequently being able to dynamically change, within the DRoPS adaptation constraints and according to their preferences, only the lower right submatrix of (2) .
The applicability of the present approach with four scenarios is illustrated, depicting different networking conditions and user requirements. In the first scenario, a general case where the network adapts based on previously established judgement values is considered, and the judgement matrix shown in Fig. 3 does not suffer modifications. The second scenario depicts a case showing how users with special needs can use the present approach to create suitably tailored multimedia communication protocol stacks for their perceptual needs. The third scenario shows how the present method caters for extreme network conditions, while the last scenario illustrates how this approach handles dynamically changing multimedia content for the perceptual benefit of the user.
A. Scenario 1: General Case
In this example, no assumptions are made about the underlying network conditions, or about the multimedia content to be transported over the network. As such, the a priori judgement values that arise from technical considerations, as well as QoP judgements resulting out of the present QoP evaluation experiments [1] , are used and are given in Table IV . As it can be observed from the table, delay and audio are the most important criteria from a technical and user point of view, respectively. This is because distributed multimedia applications have an essential real-time characteristic, which makes delay the primordial factor from the technical point of view. On the other hand, this work on perceptual aspects of multimedia has confirmed previous experiments in highlighting that the most important medium in a multimedia presentation, from a user's perspective, is the audio component.
Furthermore, from a technical angle, the criterion of SL has the same importance as the criterion of the SO. This is reflected in Table IV , where these two criteria are shown to be EQI. Similarly, for the user, the criterion of text (T ) is as important as dynamism (D) (T and D are EQI). Moreover, as can be observed, QoS and QoP parameters are considered to be EQI. This fact reflects a balance between QoP and QoS considerations in this initial scenario.
By applying the FPM (5), the priority weights w i are derived (see Table V ). Finally, by synthesizing the relative scores (see Table III ) and the priority vector, using (3), the overall priorities (overall scores) of the alternatives are obtained (see Table VI ). Microprotocol 1 is suggested as the best alternative, as it has a high relative score for both delay (the most important parameter from a technical/QoS point of view) as well as audio (the most important parameter from a user/QoP point of view). Although, as can be observed, microprotocol 7 is even better suited to manage these two parameters, if one considers the overall set of parameters, it can be observed that microprotocol 1 achieves at least equal or higher relative scores than microprotocol 7 for eight out of the nine parameters/criteria (see Table III ).
B. Scenario 2: Universal Access
In the second scenario, it is assumed that a user with special accessibility requirements would need to play the multimedia clips considered in this work. It would thus seem logical for a visually impaired user to specify that the video and textual components of the multimedia presentation are not of paramount importance, whereas audio becomes "demonstrably important." An analogous situation would occur, for instance, if a hearingimpaired user would try to play the clips-here, (s)he might specify that the video stream is of primordial importance. In the former scenario, it is expected that the present approach outputs as its preferred outcome a microprotocol capable of handling the respective criterion identified as being of demonstrable importance relative to the other user-centered criteria (audio, text, clip dynamism) used in the present model.
Thus, in the case of audio being identified as demonstrably important, the audio-related entries of the criteria with respect to the criteria matrix reflect this user requirement by taking values in the set {DI, DLI} as shown in Table VII . The fact that user intervention has resulted in a new criteria with respect to the criteria matrix has no impact on the evaluation of the relative scores, w j,i (see Table III ), which depends on the nine constant alternatives with respect to each criterion judgment matrix. However, user intervention affects the evaluation of the priority weights w i . The new priority weights vector that resulted after applying the FPM (5) is shown in Table VIII . Finally, the overall priority values when audio is "demonstrably important" are calculated by applying (3), and they are shown in Table IX . As one can see, the most important microprotocols (alternatives) with respect to audio are micro7, micro1, and micro3 (in this order) with overall priority values of 0.1843, 0.1766, and 0.1701, respectively. Thus, the present approach results in a preference for these microprotocols, which, indeed, are the ones that preferentially target the audio.
C. Scenario 3: Network Failures
While in the previous scenario, situations where one QoP parameter was "demonstrably important" with respect to all other QoP and QoS parameters were dealt with, in this scenario, the cases whereby one QoS parameter is now "demonstrably important" with respect to all the other parameters considered in the present model were considered. This situation is not farfetched and can easily arise in real-life situations, particularly when component parts of networks fail or malfunction. Thus, for instance, if a link between two routers goes down, then connections using that link will experience a high degree of segment loss; alternatively, if there is a fault in router hardware, then connections involving that router might, for instance, experience high bit error rates. It must be mentioned, though, that failure or malfunction of network components is not the only possible scenario here: A less dramatic situation, where there is no such failure or malfunction, but where connections experience high levels of delay (due to network congestion), is the norm rather than the exception in networks such as the Internet. Table X reflects the situation where high levels of delay were detected on the network. The mechanism for evaluating the relative scores (w j,i ) and the priority weights (w i ) is the same as in the previous scenario. The overall priority values when delay is "demonstrably important" are calculated by applying (3), and they are shown in Table XI .
By analyzing the results in Table XI , one can see that the first ranked microprotocol is indeed able to best handle the respective networking scenario. Thus, the "no sequence control" microprotocol (micro1), because of its streamlined functionality, is the protocol that introduces the least amount of delay in the transmission of multimedia in the DRoPS framework. Fig. 4 shows the resulting protocol stack, which is constructed using the present approach in the DRoPS framework, when each of the QoP and QoS parameters becomes, in turn, "demonstrably important" with respect to all the others. Thus, in the case where SL is "demonstrably important," then, as can be seen in Fig. 4 , the DRoPS protocol stack is made up of micro1, micro4, micro6, and micro7. While the choice of micro6 is to be expected, as it is the only microprotocol in the DRoPS framework explicitly able to handle losses, the choice of micro4 highlights the importance of flow control for segment losses, which would prevent, for instance, buffer overflows and the resulting loss of data. Otherwise, the choice of micro1 and micro7 reflect the streamlined functionality of the protocol stack, as these microprotocols, by not acting on sequence control and bit errors, respectively, reduce computational overhead.
Similar observations apply in the case when QoP parameters are "demonstrably important." Accordingly, all media component of multimedia presentations are tolerant to bit errors, except audio. Thus, the case when audio is considered "demonstrably important" is the only one in which the resulting protocol stack includes in its configuration micro9, the most suited microprotocol to handle bit errors. The fact that most distributed multimedia applications have real-time constraints, as well as being tolerant to bit errors, is reflected in the choice of the "no-frills" micro7 in all other cases for this type of functionality. The delay-intolerant nature of distributed multimedia applications is also reflected in the choices of micro1 and micro3 in the suggested protocol stacks when video and text are "demonstrably important." The choice of micro6 for these two scenarios reflects the importance of not losing segments of information, particularly in the case of compressed media, as any loss of information would propagate through subsequent media units, bearing in mind the widespread exploitation of differential characteristics here.
D. Scenario 4: Content-Dependent Adaptation
The last scenario considered was initially presented in [1] . In this example, users were presented with a series of four motion pictures expert group (MPEG) video clips (action movie, chorus, pop music, and weather forecast, as detailed in Fig. 1) , representing a variety of subject matter, and were asked to rate these clips according to the four QoP criteria listed above, with each QoP criterion being rated on a scale of 1-7. The average results thus obtained for each clip were categorized into "low," "medium," and "high," as depicted in Table XII. Afterwards, this scale was mapped to the set {1, 3, 9}. For instance, if the user judged the importance of the audio (A) component of a clip as high (= 9) and the video (V ) component as medium (= 3), then, in the pairwise comparison matrix, the preference of audio against video will be defined as the ratio of 9/3 = 3, i.e., weakly more important. The final outcome Table XIII , which details the criteria with respect to criteria matrix for the action movie clip. As can be seen, when comparing this matrix with the one given in Table IV , the only part that has suffered modification is the QoP part. Similar considerations apply to the other clips used in the experiments, and a priori perceptual characterizations of multimedia clips were constructed, according to the perceived importance of the four core QoP components. Of course, during the transmission of the clip, the user, can, if desired, change these a priori characterizations to ones that suit his/her taste.
By applying the same methodology as in the previous scenarios, the priority vectors of these matrices are first obtained, followed afterwards by the overall priority values of each microprotocol. The overall priorities are presented in Table XIV in ranking order, starting with the most suitable microprotocol. Based on these results, the DRoPS protocol stack is constructed by choosing, for each of the four main functionalities provided by the DRoPS framework, the most appropriate microprotocol. Thus, for implementing sequence control, the choice will be made between microprotocols 1 and 2, while, for implementation of checksums, the choice will be made between microprotocols 7, 8, and 9, as detailed in Table I . In the particular case of the pop music clip, for instance, sequence control will be implemented through micro1 (as it has an overall priority of 0.1551, which is higher than the priority of 0.1231 associated with micro2, the alternative microprotocol for implementing this functionality).
Similar considerations apply to the choice of the other microprotocols in the construction of the DRoPS communication protocol stack and Fig. 5 depicts the resulting stack after applying the present approach to the four different multimedia video clips. Thus, the present method results in application-specific multimedia communication protocol stacks: In the particular case of the pop music clip, for instance, this stack is made up of micro1, micro3, micro5, and micro7. 
VII. CONCLUSION
A method of obtaining, in the context of a multimedia application, a priority order of low-level QoS parameters, which would ensure that user-level QoP is maintained at an optimum level, has been presented. In the present case, such QoP management would be ensured through dynamic protocol adaptation as a result of changes in user preferences or the operating environment. While the range of multimedia content can be expanded, this does not belittle the implications of this research-in the present approach, based on previously conducted QoP experiments, users do not necessarily need to specify their preferences, with adaptation being done transparently. Moreover, this approach incorporates a human's ability to perceive, analyze, and synthesize information and is more comprehensive than preceding attempts, which have usually focused on the viewing enjoyment of multimedia clips, ignoring the infotainment duality of multimedia. Lastly, by employing fuzzy assessment of priorities, inconsistencies and uncertain judgements, inherent in the nature of this problem, were handled.
Naturally, there are several ways to extend this work-these would include integration of this work with lower-level adaptation, such as that characteristic of routing algorithms and network load balancing, as well as the formulation of pairwise relations using linguistic variables, both of which lie at the core of the authors' future endeavors.
